The limited spectral resolution of cochlear implant systems means that voice pitch perception depends on weak temporal envelope cues. Enhancement of such cues was investigated in implant users and in acoustic simulations. Subjects labeled the pitch movement of processed synthetic diphthongal glides. In standard processing, noise carriers ͑simulations͒ or pulse trains ͑implant users͒ were modulated by 400 Hz low-pass envelopes. In modified processing, carriers were modulated by two components: ͑1͒ Slow-rate ͑Ͻ32 Hz͒ envelope modulations, conveying dynamic spectral shape changes crucial for speech; ͑2͒ a simplified waveform ͑e.g., a sawtooth͒ matching the periodicity of the input diphthong. In both normal listeners and implant users performance was better with modified processing, though temporal envelope cues were less effective with higher F0. Factors contributing to the advantage for modified processing may include increased modulation depth and use of a modulation waveform featuring a rapid onset in each period, resulting in a clearer representation of F0 in the neural firing pattern. Eliminating slow-rate spectral dynamics, so that within-channel amplitude changes solely reflected F0, showed that dynamic spectral variation obscured temporal pitch cues. Though significant, advantages for modified processing were small, suggesting that the potential for developing strategies delivering enhanced pitch perception is limited.
I. INTRODUCTION
A major factor in improving cochlear implant performance has been the development of speech processing strategies such as continuous interleaved sampling ͑CIS͒ ͑Wilson et al., 1991͒, and related spectral peak-picking schemes such as SPEAK ͑Seligman and ACE ͑Van-dali et al., 2000͒ . These widely used strategies, which present spectro-temporal information to the implanted array in the form of fixed-rate pulse carriers modulated by lowpass filtered amplitude envelopes extracted from a limited number of frequency bands, have achieved impressive speech intelligibility results. Nonetheless, there are important aspects of speech perception that have received little attention, both in the design of speech processors and in the methods typically used to assess them. One such aspect is intonation, as conveyed by voice pitch variation. Although there is evidence that the availability of voice pitch information has little effect on performance in simple measures of speech perception such as vowel and consonant recognition ͑Faulkner, Rosen, and Smith, 2000͒ , there is no doubt that intonation makes important contributions to speech perception. In addition to being a major component of prosody, providing cues to linguistic features such as questionstatement contrasts and other features such as the speaker's gender and identity, intonation is widely held to play an important role in early language development ͑e.g., Jusczyk, 1997͒ . This is of particular significance given the increasing prevalence of implantation in very young children. Voice pitch information will, of course, be still more important in the perception of tonal languages, in which it conveys lexical meaning.
CIS and similar processing strategies eliminate important cues to voice pitch that are typically available to normally hearing listeners. The limited spectral resolution means that the lower harmonics of speech which provide the principal pitch cues for normal listeners are not resolved. Therefore, pitch perception in CIS processed speech will largely depend upon deriving temporal pitch cues from modulations of the amplitude envelope at the voice fundamental frequency (F0). The extent to which this is possible depends upon several factors. F0 must be passed by the envelope smoothing filter and the pulse rate must be high enough to represent modulations at F0. Both physiological and psychophysical evidence suggest that accurate representation of the modulating envelope requires a carrier pulse rate at least 4 to 5 times the frequency of the modulation ͑McKay, McDermott, and Clark, 1994; Wilson, 1997͒ . Several widely used implant systems use a pulse rate of less than 1 kHz which is insufficient to cover much of the voice pitch range.
In addition to these constraints there are limits on the ability of the auditory system to perceptually encode temporal amplitude modulation. In normally hearing listeners the ability to use temporal cues to derive a pitch percept from amplitude modulated noise is limited to frequencies below around 300 Hz ͑Burns and Viemeister, 1976 Viemeister, , 1981 Pollack, 1969͒ while thresholds for the discrimination of modulation rate increase substantially with modulation rate ͑Grant, Summers, and Leek, 1998; Hanna, 1992͒ . Similarly, in implant a͒ Electronic mail: tim@phon.ucl.ac.uk users the ability to detect amplitude modulations in pulses applied to a single channel typically declines rapidly for modulation frequencies above 100-150 Hz ͑Busby, Tong, and Clark, 1993; Cazals et al., 1994; Donaldson and Viemeister, 2002; Shannon, 1992͒ . Thus, while some pitch information derived from temporal modulations corresponding to F0 is likely to be available to implant users, intonation perception would be expected to be severely limited in comparison to normal hearing.
There has been little direct investigation of voice pitch perception in users of CIS and similar strategies. However there is some recent research that, consistent with the above reasoning, demonstrates that implanted children have great difficulty in identifying Cantonese lexical tones ͑Ciocca et Lee et al., 2002͒ . The majority of the subjects in these two studies were users of the SPEAK strategy which, because of its low pulse rate ͑around 300 Hz͒ would be expected to be particularly poor at conveying voice pitch information. However, Ciocca et al. ͑2002͒ reported that users of the ACE strategy, employing pulse rates of 900 or 1200 Hz, were also poor at discriminating different tones, although they did not explicitly compare performance across the different strategies. Poor performance at these higher rates implicates limitations in the ability to derive pitch percepts from modulations in pulse amplitude corresponding to F0. Of course, it is possible that post-lingually deafened adult implantees, with their greater language experience and more advanced cognitive skills may be able to utilize temporal pitch cues more effectively. In a preliminary report Wei et al. ͑2001͒ did find substantially better than chance tone identification in implanted post-lingually deafened adult speakers of Mandarin Chinese. However, in contrast to Cantonese, factors other than the F0 contour, such as amplitude contour and duration, provide reliable cues to tone identification in Mandarin ͑Fu and Zeng, 2000; Whalen and Xu, 1992͒. A number of studies have provided evidence concerning the possible pitch cues available with CIS processing by using noise-excited vocoder acoustic simulations with varying numbers of channels and envelope filter cutoff frequencies. While such simulations cannot fully emulate the pulsatile stimulation of CIS processing, they do provide similar limitations on spectral and temporal detail and would, therefore, be expected to provide a reasonably close approximation to the performance of implant users. found that identification of lexical tonal patterns in Mandarin Chinese was significantly better with an envelope filter cutoff frequency of 500 Hz compared to 50 Hz, indicating that listeners were able to utilize the temporal voice pitch cues that were available when the envelope filter covered the F0 range.
Xu, Tsai, and Pfingst ͑2002͒ carried out a more extensive investigation, using acoustic simulations to assess the effects of a wider range of channel numbers and filter cutoff frequencies on the identification of both actual Mandarin tones and FM sweeps designed to mimic such tones. The latter allowed duration and amplitude cues to be eliminated, resulting in substantially poorer performance. When such cues were present, performance benefited from increases in both the filter cutoff frequency and the number of channels.
In the absence of such cues, however, while performance improved substantially as the low-pass cutoff frequency of the envelope filter was increased so as to include F0, the number of channels generally had little effect. With a lowpass cutoff frequency of 512 Hz mean recognition of the four different tonal patterns was around 60 percent for tones in the typical male F0 range and around 50 percent for tones with typical female F0 values. For stimuli in the higher F0 range performance was substantially improved with very high numbers of channels, i.e., 30-40. This improvement can be attributed to the increased spectral resolution and the larger spacing of the higher harmonics with higher F0 resulting in the presence of spectral pitch cues. Typically, however, cochlear implant users only have six to eight effective channels available ͑e.g., Fishman, Shannon, and Slattery, 1997; Friesen et al., 2001͒ so that such cues are not present.
However, Faulkner, Rosen, and Smith ͑2000͒ identified certain circumstances in which spectral cues to pitch were apparently available even with a small number of channels. When subjects were required to identify the direction of pitch change of noise-excited vocoder processed sawtooth waveforms, performance was reasonably good when there were just four channels and the envelope filter cutoff frequency was as low as 32 Hz, eliminating temporal cues to pitch. It was suggested that the regular movement of harmonics between analysis bands of the processor as the F0 of the sawtooth waveforms changed provided a form of spectral cue in this case. Green, Faulkner, and Rosen ͑2002͒, used four-band and single-band noise-excited vocoders in combination with envelope filter cutoff frequencies of 32 and 400 Hz to further examine both this form of spectral cue and temporal cues to voice pitch. They found that such spectral cues were no longer effective when stimuli consisted of synthetic diphthongal vowel glides rather than sawtooth waveforms. This suggests that the spectral envelope changes resulting from formant movement obscure the possible spectral cues to F0. In addition it was found that the utility of temporal pitch cues declined with increasing F0 and was severely limited for fundamental frequencies above 200 Hz.
The results of these simulation studies are consistent with the limited data available from implant users in suggesting considerable limitations on the extent to which CIS and similar strategies are able to convey intonation. Given the limitations on spectral and temporal detail in current implant systems, attempts to improve voice pitch perception have focused on enhancing the temporal pitch cues that are available from envelope modulations corresponding to F0. One such attempt was reported by Geurts and Wouters ͑2001͒. They implemented a version of CIS processing with three major differences to the standard approach. Firstly, phase distortion in the analysis filters was eliminated, so that the maxima of F0-related modulations in each channel of the pulses delivered to the electrode array coincided in time. Secondly, half-wave rather than full-wave rectification was used in envelope extraction in order to provide a more accurate reflection of the phase-locked behavior of auditory nerve fibers. This was expected to result in increased modulation depth in the envelope of lower-frequency channels and is consistent with a simulation study by Rosen ͑1989͒ which showed better perception of voicing with half-wave rather than full-wave rectification. Thirdly, envelope filtering was modified by subtracting an attenuated version of the output of a 50 Hz low-pass filter from that of the standard 400 Hz low-pass filter, resulting in a larger modulation depth for F0-related fluctuations. However, they did not find significant improvements in the ability of four users of the LAURA cochlear implant to discriminate changes in the F0 of synthesized monophthongs with the new strategy compared to standard CIS processing.
The current study investigates an alternative approach to the enhancement of temporal cues to voice pitch. This involves a decomposition of the envelope into two separate components. One consists of slow-rate information conveying the dynamic changes in spectral shape that are crucial for speech, while the second presents F0-related information in the form of a simplified synthesized waveform. Such an approach has a number of potential advantages. Firstly it allows the elimination of temporal complexities in the modulation envelope, such as modulation peaks corresponding to the periods of harmonics of F0. Because the responses of the auditory nerve to electrical stimulation are much more strongly synchronized to the input than in acoustic stimulation, such complexities make it less likely that the period of F0 will be clearly represented in the neural firing pattern. Secondly, it allows the same modulation envelope to be applied to all channels. Geurts and Wouters ͑2001͒ showed that discrimination of the modulation frequency of sinusoidally amplitude modulated pulse trains was better when three adjacent channels were stimulated concurrently compared to when any one channel was stimulated alone. Applying the same F0-related modulation across all channels would, therefore, be expected to be beneficial. Thirdly, the shape of the modulating waveform can be optimized in order to maximize the salience of temporal pitch cues.
The timing of neural firing in response to modulation is likely to depend on the overall level of the envelope as well as the location in time of the peak of the modulating waveform. Thus, for speech signals, which have substantial variations in level, it seems likely that a ''temporally sharpened'' modulation envelope, with a rapid onset in each period, will lead to more consistent inter-pulse intervals in the neural firing pattern, and therefore, to enhanced voice pitch perception. It may well be the case that optimal transmission of pitch information would be attained by presenting just a single pulse in each modulation period. This kind of approach has been implemented in speech processing strategies in which the rate of stimulation is controlled by F0 ͑e.g., Fourcin et al., 1979; Tong et al., 1980͒ . However, such strategies have generally been found to produce poorer performance on standard measures of speech perception than CISlike strategies ͑e.g., McKay and McDermott, 1993; McKay et al., 1992; Skinner et al., 1999͒ , presumably because of poorer transmission of spectral information.
1 The current approach is based upon conveying F0-related modulation with a sawtooth shaped waveform, which it is hoped will enhance the salience of temporal pitch cues while still allowing adequate encoding of the low-rate envelope information necessary for speech perception.
In a real world application such an approach would require the explicit extraction of F0 from the speech input. There are existing algorithms ͑e.g., Walliker and Howard, 1990͒ which perform this task at acceptable levels in moderately noisy conditions ͑Bosman and Smoorenburg, 1997͒, although in the current research only synthesized speech stimuli were used, making F0-extraction unnecessary. Initially, the influence of the shape of temporal modulation on pitch cues was examined using noise-excited vocoder simulations. A modified processing scheme was then developed and its effectiveness in transmitting voice pitch information compared with that of a standard CIS strategy in both simulations and implant users.
II. ACOUSTIC SIMULATION EXPERIMENTS

A. Signal processing
Two experiments were carried out using acoustic simulations. In experiment 1 three different versions of noiseexcited vocoder processing were compared. In each case signals were first passed through a bank of fourth-order elliptic analysis filters to divide the spectrum into eight frequency bands. Cutoff frequencies, which were based on the Clarion S-Series Pulsatile Table with extended low-and highfrequency settings ͑Clarion Device Fitting Manual, 2001͒, were 250, 500, 730, 1015, 1450, 2000, 2600, 3800, and 6800 Hz. Note that because the lowest cut-off frequency is 250 Hz, the possibility of directly encoding F0 in the spectral domain is effectively eliminated. Amplitude envelopes were extracted from each band by half-wave rectification and lowpass filtering ͑second-order Butterworth͒ with a cutoff frequency of 32 Hz, so that F0-related fluctuations were eliminated. These envelopes then modulated independent noise carriers, prior to output filtering that matched the initial analysis filtering and a final summation across channels. The three processing conditions differed in the extent to which the noise carrier was manipulated in order to represent F0 information. In one condition, designated None, the carrier in each band was simply unmodulated noise, as in standard noise-excited vocoder simulations of implant processing. This condition was included to measure the contribution to performance of purely spectral cues that might arise from the shifting of harmonics through analysis bands ͑Faulkner, Rosen, and Smith, 2000͒. Although Green, Faulkner, and Rosen ͑2002͒ found that such cues were eliminated by the presence of speech-like spectral variation, their simulation used only four frequency bands. It is conceivable that with a greater number of channels such spectral cues may still have some utility.
The two other conditions were designed to assess the efficacy of temporal pitch cues provided by simplified modulation patterns, and the effects of temporally sharpening the F0-related modulation waveform. Temporal pitch cues were introduced by modulating the noise carrier in each channel with a waveform with identical periodicity to that of the input vowel, but with a simplified waveform shape, eliminating the temporal complexities in the F0-related modulations typically present in the envelopes extracted in CIS processing. The modulation depth was always 100 percent. In one case, designated Sine, the modulating waveform was sinusoidal. In the other ͑Sawsharp͒ it was a modified sawtooth waveform in which the fall from peak to zero occurred in the first half of the period, with the second half of the period at zero. Pilot experiments in which a single listener labeled the direction of pitch change of diphthongal glides had suggested that this additional temporal sharpening increased the salience of temporal pitch cues relative to a standard sawtooth shape.
Two processing conditions were compared in experiment 2-the Sawsharp condition from experiment 1 and a simulation of standard CIS processing ͑CIS͒. The latter was identical to the None condition of experiment 1 with the exception that the cut-off frequency of the envelope smoothing filter was 400 Hz, a value typically used in CIS processing strategies and one that allows temporal envelope cues to be derived from modulations in the voice pitch range.
B. Stimuli
Stimuli were generated off-line using MATLAB. As in Green, Faulkner, and Rosen ͑2002͒ they consisted of processed versions of the diphthongs /a*/, /e(/, /a(/, and /o(/ which had been created using an implementation of the KL-SYN88 Klatt synthesizer in cascade mode with a 20 kHz sample rate and parameters specified every 5 ms. Formant frequency trajectories were based on recordings of each diphthong embedded in a /cVc/ context spoken by a male Southern British English speaker. F0 changed logarithmically over the 500 ms duration.
In experiment 1 the ratio of start to end frequencies varied in six equal logarithmic steps from 1:0.5 to 1:0.93. There were three F0 ranges, with the center F0 ͑i.e., the geometric mean of the start and end F0s͒ of each glide being 141, 199, and 282 Hz respectively. The same formant values were used irrespective of the F0 range. For each diphthong, each ratio and each F0 range there was one ascending and one descending glide, giving a total of 144 different glides.
In experiment 2 a smaller set of stimuli was used. Three, rather than six, ratios of start to end F0 were used: 1:0.5, 1:0.66, 1:0.87, and there were just two different F0 ranges, with center frequencies of 113 and 226 Hz, approximately corresponding to the voice pitch ranges of adult male and female speakers. This resulted in a total of 48 different unprocessed glides.
C. Subjects and procedure
A total of seven normally hearing listeners aged between 21 and 40 years, including the first author ͑S5͒, participated, six in each experiment. Stimuli were presented binaurally through Sennheiser HD 414 headphones at a comfortable listening level ͑peak of 85-90 dB SPL measured over an 80 ms window͒. On each trial subjects heard a single glide and were required to identify it as either ''rising'' or ''falling'' in pitch. They responded via computer mouse by clicking on an image of either a rising or falling line. Before each block of trials subjects were able to listen to a selection of the glides to be presented in that block, visually labeled as rising or falling.
In experiment 1 processing condition was varied across blocks of trials consisting of the 144 glides presented in random order. The order in which blocks of trials were presented was random with the constraint that each set of three blocks contained one block with each type of processing. No feedback was provided.
In experiment 2 blocks consisted of 48 trials. Each block contained, in random order, two presentations of each of the 24 glides for one center F0 and one processing condition. Different F0 ranges were presented in separate blocks in an attempt to minimize a shift in response bias with center F0 that was evident for some subjects in experiment 1. In addition, visual feedback was presented after each trial. In both experiments subjects completed each different block of trials seven times, with the first treated as practice.
D. Results and discussion
Experiment 1-Temporal pitch cues with simplified F0 modulation
Mean psychometric functions for the proportion of ''fall'' responses as a function of the ratio of start to end frequencies for each F0 range and each processing condition are shown in Fig. 1 . In the None condition there is a clear change in bias across the different F0 ranges, with the probability of glides being labeled as ''falling'' increasing as center F0 increases. However, for each center F0 the functions in the None condition are nearly flat, showing that listeners were unable to reliably discriminate the direction of pitch change with even an octave change in F0 over the course of the glide. Thus, the increased number of channels did not alter the finding of Green, Faulkner, and Rosen ͑2002͒ that spectral pitch cues are effectively eliminated by the timevarying spectral envelope typical of speech. For the other two conditions, pitch discrimination performance, as indicated by the steepness of the psychometric function, clearly declines with increasing center F0, but is still above chance even for the highest F0 range. For each center F0 the psychometric function is steeper, and therefore, pitch discrimination is better, in the Sawsharp rather than the Sine condition.
A logistic regression was carried out on the proportion of ''fall'' responses averaged across diphthongs as a function of the log ͑base 10͒ of the start-to-end frequency ratio for each processing condition and center F0 for each subject. The regression slope estimates, displayed in Fig. 2 , show that the pattern of performance across center F0 and processing condition apparent in the mean data was consistent across individual listeners. The intercept values obtained indicated that for subjects S1, S4, and S6 there was a consistent change in bias with center F0, such that ''falling'' responses became more likely with increasing F0 in all three processing conditions. For the other three subjects there was no clear pattern of bias across the different processing conditions and F0 ranges. Slope estimates for the Sine and Sawsharp conditions, in which temporal pitch cues were available, were analyzed using a two-way repeated-measures analysis of variance ͑ANOVA͒ with factors of processing condition and center F0. Here and elsewhere in this study the reported F tests used Huynh-Feldt epsilon correction factors. Both the effects of processing condition ͓F(1,5)ϭ17.85, pϭ0.008] and center F0 ͓F(2,10)ϭ14.53, pϭ0.010] were significant, but the interaction was not ͓F(2,10)Ͻ1͔.
In addition to confirming the absence of reliable spectral cues to voice pitch in the presence of variations in spectral envelope typical of speech, Experiment 1 has shown that, when F0 information in the amplitude envelope is presented in a clarified form, temporal cues to voice pitch are available in each of the F0 ranges tested here, though their utility declines as F0 increases. In the four-band simulation of CIS processing ͑400 Hz envelope filter͒ used by Green, Faulkner, and Rosen ͑2002͒, performance in a nearly identical glide labeling task declined much more steeply with increasing F0 and was effectively at chance levels for glides in the highest F0 range. However, differences in factors such as the number of frequency bands and the range covered by the analysis filters mean that it is not certain that this difference reflects an advantage for the simplified modulation used here relative to CIS processing.
The salience of temporal pitch cues clearly is affected by the pattern of the modulating waveform. The temporally sharpened waveform in the Sawsharp condition was more effective at conveying pitch cues than sinusoidal modulation. This supports the idea that a rapid onset at the start of each modulation period results in a neural firing pattern which more accurately represents F0. The rate of decay of the modulating waveform shape from its peak value and the length of time within each period that the waveform is at zero may also be important. Figure 3 shows the proportion of ''fall'' responses averaged across the six listeners and the four diphthongs as a function of the ratio between start and end frequencies for each F0 range and processing condition. Figure 4 shows slope estimates obtained from logistic regressions carried out as in Experiment 1. Intercept values were quite variable across listeners and conditions but in contrast to experiment 1 did not show any consistent pattern of bias. This difference is presumably attributable to the restriction of glides presented within a block to a single F0 range and the provision of feedback. The changes in procedure also appear to have resulted in increased discrimination of the direction of pitch change, since slope values with Sawsharp processing for all five listeners who took part in both experiments are higher for the 226 Hz center F0 glides in experiment 2 than with the 199 Hz center F0 glides in experiment 1. This is despite the fact that the increase in F0 would be expected to lead to poorer performance, though it is also possible that there may have been an overall practice effect.
Experiment 2-Comparison of temporal pitch cues with simulated CIS processing versus simplified F0 modulation
In the lower F0 range mean glide labeling performance is somewhat better for the Sawsharp condition than the CIS condition. Four listeners show clearly higher slopes in the Sawsharp condition, but for the others there is little difference across processing conditions. In the higher F0 range, while performance overall is inferior to that in the 113 Hz center F0 condition, there is a clearer advantage for the modified processing strategy with all six listeners showing substantially higher slope estimates in the Sawsharp condition.
A repeated measures ANOVA showed significant effects of processing condition ͓F (1,5) In summary, in noise-excited vocoder simulations, the modified processing method significantly increases the salience of temporal cues to voice pitch, relative to standard CIS processing. The reduction in temporal complexity in the modulation envelope, the fact that modulation depth was always 100 percent, applying the same modulation envelope to all channels, and the temporal sharpening of the modulation envelope probably all contribute to the increased effectiveness of temporal pitch cues relative to standard CIS processing.
III. TEMPORAL PITCH CUES IN IMPLANT USERS
Two glide labeling experiments were carried out with implant users. Experiment 3 was very similar to the acoustic simulation comparison between CIS and Sawsharp processing in experiment 2, but included an additional modified processing scheme in which the F0-related modulation was presented in the form of a normal, rather than sharpened, sawtooth. The inclusion of this additional condition ͑Saw͒ was intended to provide information about some of the factors underlying possible benefits of the modified processing scheme. Both modified processing conditions feature a rapid onset at the start of each modulation period. Differences in performance across the two conditions would show that the salience of temporal pitch cues is also affected by the additional temporal sharpening of the modulation envelope in the Sawsharp condition. Experiment 4 measured performance in conditions in which slow-rate spectral envelope changes were eliminated and within-channel variations in amplitude over the course of each stimulus were determined solely by the varying F0 of the vowel glides. This allowed an assessment of the extent to which such dynamic spectral variation affects the utility of temporal pitch cues. In addition to CIS and Sawsharp processing, experiment 4 also included a condition designated Single, in which stimuli consisted of a single pulse in each channel for each F0 period. Controlling the pulse rate by F0 in this way would be expected to provide the clearest possible representation of F0 in the neural response pattern, and therefore, to maximize the availability of temporal pitch cues.
A. Subjects and equipment
Eight post-lingually deafened adult users of the eightchannel Clarion 1.2 cochlear implant system took part. Summary information is contained in Table I . Two other subjects were excluded after pilot experiments showed that they were unable to perform above chance in the vowel glide labelling task in any condition. Both the excluded subjects had been profoundly deaf for over forty years prior to implantation, which is substantially longer than the other subjects and may be an important factor underlying their poor performance.
Experiments were controlled by a PC connected to a Clarion Research Interface ͑CRI͒ system ͑Wygonski et al., 1999͒. The CRI system enables direct control over the stimulus patterns presented to the electrode array. It employs a DSP board ͑Motorola DSP56302͒ which is connected between the PC and a Clarion S-Series speech processor which in turn is connected to a standard headpiece. Regardless of the strategy and stimulus configuration normally used by subjects, stimulation always consisted of continuouslyinterleaved, monopolar, biphasic pulses with a duration of 76.9 s per phase. The carrier rate was 812.5 pulses per second per electrode and electrodes were activated sequentially in apical-to-basal order.
Current levels delivered to electrodes were specified in clinical units. Nominally, for an ideal current source, 1 clini- cal unit corresponds to 1 A. In practice the relationship between current levels and clinical unit values is somewhat nonlinear and dependent upon electrode impedance. Prior to experimentation, the CRI system was calibrated using a research intra-cochlear stimulator ͑RICS͒ connected to 15 k⍀ resistors. Output current varied linearly with amplitude value specified in clinical units for values up to approximately 800. Although the point at which output current ceases to be a linear function of clinical unit value will vary to some extent according to the impedance of the stimulated electrode, the most comfortable current levels ͑MCLs͒ shown in Table I indicate that the system is unlikely to have been operating outside its linear range.
B. Speech processing
Experiment 3-Simplified F0 modulation compared to standard CIS processing
In both modified and standard CIS processing, the analysis filtering and envelope extraction stages were implemented as in the acoustic simulations, with one exception. Consistent with most commonly used CIS processing schemes, full-wave rather than half-wave rectification was used. Although half-wave rectification might be expected to increase the modulation depth of F0-related fluctuations ͑Geurts and Wouters, 2001; Rosen, 1989͒, pilot experiments which explicitly compared the two methods showed no effect on vowel glide labelling performance.
Amplitude envelopes were re-sampled to a rate of 6500 Hz, consistent with the overall pulse rate. In the CIS condition, the 400 Hz smoothed envelopes were then logarithmically compressed using a method similar to that of Geurts and Wouters ͑2001͒, and mapped to current values consistent with the dynamic range of the particular subject and channel. The envelope sample value that was mapped to the most comfortable current level ͑MCL͒ was the 99th percentile of the sample values for all channels and all stimuli in that processing condition. Sample values that were 50 dB or more below this value were mapped to the threshold current value ͑THR͒. Between these values sample values were compressed according to the following equation
where yϭ1000 for the sample value ͑x͒ corresponding to MCL and yϭ0 for the sample value corresponding to THR. The value of the constant c was chosen so as to avoid discontinuities at the transition points. Modified processing was implemented by first calculating the starting point of each successive period of F0. Within each period the pulse train was amplitude modulated by the appropriate waveform shape. This pulse train provided the carrier for channel 1, while in other channels the carrier consisted of an appropriately delayed version of the pulses of each period in channel 1 up to the point at which the next period started. The modulation depth in each channel was 100 percent of that channel's dynamic range. Thus, in the Saw condition the amplitude of the carrier pulses declined from MCL to THR over the course of each period, while in the Sawsharp condition this decline occurred in the first half of each period, with all pulses in the second half of each period being at THR. The first pulse of each period was always delivered to channel 1, regardless of the channel on which the preceding pulse ͑i.e., the final pulse of the previous period͒ had occurred. Except when this preceding pulse was on channel 8, this meant a departure from the sequential order of stimulation. While the overall pulse rate was the same as in the Standard CIS condition, at the transition between successive periods the intervals between consecutive biphasic pulses could vary, being shorter than usual on the lower-frequency channels and higher than usual on the higher-frequency channels. These F0-modulated pulse carriers were then modulated by slow-rate amplitude envelopes with compression and mapping carried out as in CIS processing. Figure 5 shows example stimuli for each processing method.
Experiment 4-Temporal pitch cues in the absence of dynamic spectral variation
In the Sawsharp condition, slow-rate spectral dynamics were eliminated by calculating for each diphthong the average root-mean squared ͑RMS͒ level of the envelope sample values for each channel over the set of different start-to-end F0 ratio glides. These values were then multiplied by the 100 percent modulated F0-following sharpened sawtooth waveform prior to mapping between the appropriate thresh- old and MCL levels. The same average envelope sample values were used in the Single condition in which stimuli consisted of a single pulse in each channel for each F0 period.
In the CIS condition, slow-rate spectral variation was eliminated by modifying the envelope extraction stage of processing such that, in each channel, the waveform resulting from analysis filtering was divided, on a sample-bysample basis, by a lowpass ͑30 Hz cutoff͒ envelope extracted from a full-wave rectified version of that waveform. The result, which contained only the higher-rate envelope modulations of the original waveform, was then full-wave rectified, lowpass filtered at 400 Hz, and adjusted in level to match the RMS value of the envelope samples for each channel in standard CIS processing before finally being mapped between the appropriate threshold and MCL levels. Any negative values resulting from filtering at 400 Hz were mapped to threshold level. As illustrated in Fig. 6 , this resulted in pulsatile stimuli in which modulations in the F0 range were preserved, while slow-rate spectral changes were eliminated.
C. Stimuli and procedure
Both experiments with implant users used the same glide labeling task as in the acoustic simulations, with feedback always provided. Stimuli consisted of processed versions of the smaller set of vowel glides used in experiment 2. Blocks of trials again consisted of two presentations of each of the 24 glides for one processing condition and one center F0. In both experiments subjects completed a minimum of five blocks of trials for each combination of processing condition and center F0, with the first being treated as practice. Figure 7 shows the proportion of ''fall'' responses averaged across the eight implant users and four diphthongs as a function of the ratio of start to end frequencies for each F0 range and processing condition. Comparison with Fig. 3 shows that mean performance in both F0 ranges in both the CIS and Sawsharp conditions is substantially worse than in the acoustic simulation of the equivalent conditions in experiment 2. Even in the lower F0 range, mean performance in the CIS condition, while clearly above chance, is very limited. Even with an octave change in F0 over the course of the glide, the direction of pitch change is correctly identified on only around 80 percent of trials. Mean performance is improved in the Saw and Sawsharp conditions relative to CIS, though is still fairly poor.
D. Results and discussion
Experiment 3-Comparison of temporal pitch cues with simplified F0 modulation versus standard CIS processing
Logistic regressions were carried out as in experiment 1. Intercept values showed a general trend for a bias towards ''rise'' responses that was fairly consistent across subjects and conditions. Regression slope estimates, displayed in Fig.  8 , show a large degree of variation across subjects, with the better performers producing slope values within the range of values obtained from normally hearing listeners in experiment 2. A repeated measures ANOVA performed on the slope estimates showed significant effects of both processing condition ͓F(2,14)ϭ14.26, pϽ0.001͔ and center F0 ͓F(1,7) ϭ8.47, pϭ0.020], while the interaction was not significant ͓F(2,14)Ͻ1͔. Bonferroni-corrected post hoc tests showed that slope values were significantly higher with Sawsharp than with CIS processing (pϭ0.006), while the difference between the CIS and Saw conditions just missed significance ( pϭ0.079), as did that between the Saw and Sawsharp conditions (pϭ0.074).
Both the decline in glide labeling performance with increasing F0 and the significant advantage for Sawsharp over CIS processing are consistent with the results obtained with the acoustic simulation in experiment 2. In addition, the pattern of poorer mean performance by implant users compared to normally hearing listeners with noise-excited vocoder processing, but with the best implant users achieving scores within the range of those obtained in the simulations, is typical of comparisons between simulated and actual implant performance in speech recognition tasks ͑e.g., Friesen et al., 2001; Fu, Shannon, and Wang, 1998͒ . This supports the idea that the temporal pitch cues available from noise-excited vocoder simulations have a strong similarity to those available from CIS-like processing in implant systems. In both cases, the salience of temporal cues to pitch is enhanced by clarification of the F0-related modulation.
From inspection of Fig. 5 ͑see also Fig. 6͒ a particularly important difference between the modified and CIS processing schemes is likely to be the increased modulation depth of F0-related fluctuations in the lower frequency channels. The synthetic vowel stimuli used here appear to provide a relatively simple F0 modulation pattern, with little temporal complexity in the form of, for example, secondary peaks within modulation periods. With natural speech the fact that the modified scheme simplifies the modulating waveform might provide an additional benefit relative to CIS processing.
The notion that the additional temporal sharpening of the modulation waveform provided in the Sawsharp compared to the Saw condition further enhances the salience of temporal pitch cues is not unambiguously supported. However, the difference between the two conditions was close to significance and for some subjects in one or both F0 ranges, slope values were considerably higher in the Sawsharp condition than in the Saw condition, while there were no instances of substantially higher slopes in the Saw condition. It is possible that different degrees of temporal sharpening of the modulation waveform shapes may be necessary to produce optimal performance for different implant users.
One factor that might be expected to influence individual variability in the salience of temporal pitch cues is the implantee's absolute dynamic range. Some previous evidence suggests that unlike in normal hearing, where sensitivity to amplitude modulation is determined largely by the relative modulation depth independent of the carrier level, in implant users a larger absolute modulation depth increases sensitivity to amplitude modulation and enhances discrimination of the modulation frequency ͑Geurts and Wouters, 2001; McKay, McDermott, and Clark, 1995; Shannon, 1992͒ . Thus, subjects with a larger dynamic range might be expected to perform better in the glide labelling task. Pearson correlation coefficients were calculated for mean dynamic range across electrodes ͑in clinical units͒ and slope values in each of the six combinations of processing condition and center F0. While performance in the Saw condition when the center F0 was 226 Hz was significantly correlated with mean dynamic range (rϭ0.765, pϭ0.027), none of the other correlations was significant, so there is little evidence here that a larger dynamic range leads to greater salience of temporal pitch cues. However, it should be noted that the two subjects who were excluded from the study had mean ranges of around 100 clinical units, near the smallest value for any of the included subjects. In addition, subject C5, who had a small dynamic range but amongst the highest slope values, was a keen musician prior to becoming deaf which may have contributed to her relatively good performance. Figure 9 shows mean psychometric functions for each of the four diphthongs for each processing condition and center F0. It is noticeable that, particularly in the higher F0 range, responses are strongly influenced by vowel identity. For example, there was a tendency for /a*/ to be perceived as falling in pitch regardless of the actual direction of pitch change, while for the other three diphthongs there was a bias towards ''rise'' responses. All the formant frequencies of the /a*/ stimuli either remained constant or declined monotonically over the course of the glide, whereas the other diphthongs all featured a rising second formant frequency. This suggests that the shifts in the distribution of energy across analysis bands resulting from the dynamically changing spectral structure of the diphthongs can conflict with and obscure temporal cues to pitch derived from F0-related modulations in the amplitude envelope. A similar conflict between spectral and temporal cues was reported by Zeng ͑2002͒ on the basis of pitch magnitude estimates obtained in response to single-channel pulse trains of various rates presented at different electrode locations. Figure 10 shows mean glide labelling responses for six implant users in conditions in which dynamic spectral changes associated with changing formant structure were eliminated and modulations in amplitude within each channel were confined to the F0 range. Comparison with Fig. 7 shows that psychometric functions for the equivalent processing conditions are generally substantially steeper in the absence of slow-rate spectral variation. Logistic regression slope estimates are displayed in Fig. 11 . An overall tendency for a bias towards ''rise'' responses was again apparent, though less strongly than in experiment 3.
Experiment 4-Temporal pitch cues in the absence of dynamic spectral variation
Repeated measures ANOVA performed on slope values revealed a significant effect of processing condition ͓F(2,10)ϭ8. 25, pϭ0.008] , while the effect of center F0 just missed significance ͓F(1,5)ϭ5. 86, pϭ0.060] , and the interaction was not significant ͓F(2,10)ϭ1. 08, pϭ0.365] . According to Bonferroni-corrected post hoc tests, performance in the CIS condition was significantly poorer than that in both the Sawsharp (pϭ0.044), and Single (pϭ0.034) conditions, while the Sawsharp and Single conditions did not differ (pϭ1.000).
The trend towards a decline in performance for the higher F0 range and the advantage for Sawsharp processing over CIS are consistent with the previous results obtained both in the acoustic simulation in experiment 2 and with implant users in experiment 3. The similarity in performance in the Sawsharp and Single conditions suggests that the Sawsharp processing scheme provides close to the maximum possible temporal pitch information, at least for conditions in which across-channel differences in amplitude are encoded, as they must be to preserve speech spectral information.
To directly assess the influence of dynamic spectral variation on the effectiveness of temporal pitch cues, slope estimates from the Sawsharp and CIS conditions of experiments 3 and 4 were submitted to a three-way ANOVA. The presence of spectral variation had a significant effect ͓F(1,5)ϭ44.20, pϭ0.01], while significant effects of processing condition ͓F(1,5)ϭ15.89, pϭ0.010], and center F0 ͓F(1,5)ϭ8.77, pϭ0.030], were again found, but there were no significant interactions. This confirms that the effectiveness of the temporal pitch cues derived from F0-related envelope modulations was hindered by the presence of dynamic spectral variation reflected in changes in the distribution of energy across channels.
IV. GENERAL DISCUSSION
A. Salience of temporal pitch cues
The modified processing scheme, in which the standard 400 Hz smoothed amplitude envelope was replaced by the product of a slow rate envelope and simplified F0-related modulation, consistently resulted in significantly better glide labeling performance than standard CIS processing, both in acoustic simulations and in implant listeners. This enhancement of the salience of temporal envelope cues to voice pitch presumably reflects a clearer representation of F0 in the neural firing pattern. Although there are considerable differences between the neural responses to electrical stimulation and those to noise-excited vocoder processed sound in normally hearing listeners, the consistent pattern of results across the experiments with acoustic simulations and with implant listeners suggests a considerable degree of similarity between the temporal pitch cues available in the two cases.
A number of factors may contribute to the better pitch perception obtained with the modified processing scheme, including the elimination of temporal complexities in the F0 range modulation pattern, increased modulation depth, the consistency in the modulation pattern across all channels, and the shape of the modulating waveform. The relative importance of these factors remains to be determined, though FIG. 11 . Slopes of logistic regressions of the proportion of ''fall'' responses as a function of the log ͑base 10͒ of start-to-end frequency ratio for each implant user in each processing condition and F0 range of experiment 4, in which dynamic spectral variation was eliminated.
these results strongly suggest that the shape of the F0 carrying waveform plays an important role. The sharpened sawtooth waveform was clearly superior to sinusoidal modulation in experiment 2, and appeared to be equally as effective as the single pulse per period modulation in experiment 4, which is likely to be optimal for the transmission of temporal pitch cues. It seems likely that a rapid onset of each period of the modulation envelope is particularly important in enhancing the salience of temporal cues.
In line with previous evidence regarding the detectability and discriminability of amplitude modulations of noise carriers in normally hearing listeners and of pulse trains in implant users, temporal voice pitch cues were less effective in the higher F0 range. This decline was evident in both modified and standard processing conditions and in both simulations and implant users. Benefits of modified processing were, though, apparent in both F0 ranges.
Another factor that clearly limits the utility of temporal pitch cues is the presence of dynamic slow-rate spectral variation such as the changes in spectral envelope caused by the changing formant structure of the diphthongal vowel glides. Green, Faulkner, and Rosen ͑2002͒ showed that for simple stimuli such as sawtooth waveforms, in which spectral shape is completely determined by F0, shifts in spectral envelope arising from harmonics of the input passing between analysis bands could be used to identify the direction of movement of F0 in the absence of temporal cues. Comparison of experiments 3 and 4 suggests that the presence of spectral shifts that are uncorrelated with F0 leads to a reduction in the effectiveness of temporal pitch cues for implant users. It is possible that this results from a conflict between temporal and spectral information at a relatively central processing level. However, there is some previous evidence that points to the independence of spectral and temporal information both in implant users and normally hearing listeners ͑Demany and Semal, 1993; Green, Faulkner, and Rosen, 2002; McKay, McDermott, and Carlyon, 2000; Tong et al., 1983͒ . An alternative possibility is that the better pitch perception in the absence of spectral envelope changes arises from the fact that there is a greater consistency in the modulation pattern within each channel. When dynamic spectral variation is present, as the level in a channel changes, so does the absolute modulation depth of the F0-related fluctuations. Such changes may hinder the effectiveness of temporal pitch cues.
With regard to the influence of spectral contributions to pitch information it is worth noting that the vowel glides used in the current studies were synthesized with the same formant frequency trajectories and bandwidths, regardless of variations in F0. This differs from natural speech in which there typically is some correlation between F0 and formant values. This could result in some useful cues to pitch in certain situations, for example, in distinguishing between male and female speakers. It seems unlikely, however, that tasks involving the identification of an intonation contour would be much affected by such correlations.
B. Implications for cochlear implant speech processing
Although the modified processing method used here clearly does provide significantly enhanced temporal cues to voice pitch, it must be acknowledged that the improvements in glide labeling relative to standard processing were not particularly large and performance with the modified processing scheme was still quite limited. The current scheme represented the exact periodicity of the input with what appears to be a close to optimal modulating waveform shape, and the maximum possible modulation depth while retaining across-channel level differences. It is, therefore, difficult to see how F0 could be more clearly represented in the pulses delivered to the electrode array. It is conceivable that somewhat larger advantages relative to standard processing strategies might be apparent after greater experience with the modified processing scheme, or with more natural speech stimuli, or in other pitch perception tasks. Since much of the important information related to voice pitch is conveyed by the pattern of pitch change rather than absolute pitch values, it is also possible that the advantages of the modified processing scheme could be maximized by lowering the rate of the simplified F0-related modulation so that it falls within a frequency range that gives better temporal encoding of pitch. Fourcin et al. ͑1984͒ showed such an approach to be effective in the context of a single electrode device providing F0 information as an aid to lip-reading. Nonetheless, on balance, it appears that the scope for improving pitch perception through manipulations of temporal envelope cues is limited.
Two major factors are likely to determine whether these limited improvements in pitch perception can be successfully incorporated into an improved everyday speech processing strategy. Firstly, the F0 extraction process will need to be sufficiently reliable. Even the best algorithms currently available tend to become unreliable in the presence of large amounts of noise so that one important consideration will be the need for a kind of gentle degradation, which might involve simply shutting down the F0 extraction process and presenting only the low-rate envelope information. Secondly, it is essential that the gains in pitch perception are not achieved at the expense of spectral speech information. Comparisons of performance with the modified and standard processing schemes in standard speech recognition tasks will be reported in the near future, in addition to tests of pitch perception involving natural speech stimuli and more realistic tasks.
of an implant system in which pulse rate was controlled by F0, Xu, Dowell, and Clark ͑1987͒ reported good performance in tests of lexical tone perception. Also, in an acoustic simulation study using sinusoidal carriers, Lan et al. ͑2004͒ found better tone recognition when the frequency of the carriers in each band was dynamically varied as a function of F0, compared to when carrier frequencies were constant. 2 Here, and also in subsequent experiments, a large majority of fits did not deviate significantly from the observed data, according to 2 tests with 10 degrees of freedom. The exceptions tended to occur when there were there were relatively substantial departures from monotonicity at larger F0 ratios, such as can be seen in Fig. 3 in the mean data for the CIS condition with 226 Hz center F0.
